
CHAPTER V 

DIGITAL RECORDING OF ANALOG SIGNALS 

In Chapter II, a rudimentary description 
of digital recording was given, and the 
principles of digital encoding, conversion, 
and formatting were briefly summarized. 
Pages 33 to 40, then offer a worthwhile 
introduction to this chapter. 

5.1 Why Digital Recording? In Chapters II, 
III, and IV, we have developed a compre- 
hensive list of the constraints on both 
direct and FM analog recording systems 
and the performance limitations implicit 
in those constraints. We have made at 
least brief references to the many ingeni- 
ous design approaches used in modern 

direct and FM recorders, to optimize 
their performance. Withall, however, we 

must accept the fact that direct and FM 
systems, at the present state of the art, 
reach practical limits of absolute accu- 
racy, linearity (relative accuracy), and 
stability at about +0.5% of full scale... 
and even that performance is attainable 
only under favorable conditions. Using 
conventional “‘worst-case” analysis of the 
effects of all sources of error, it is prob- 
ably more reasonable to think of the best 
modern direct or FM systems as having 
no better than +1.5% overall input-to- 
output fidelity ... and the great majority 
of the equipments in use do not approach 
even this conservative standard. 

Before proceeding to consider how 
digital recording techniques can provide 
improved accuracy, linearity, and stabil- 
ity by one or more orders of magnitude 
(which they do, but not without trade- 
offs of several kinds), let us briefly list 
the major constraints that have occupied 
so much of our attention, in the preced- 
ing three chapters: 

e Non-linearities: in the tape medium; in 
the recording-head transfer function; 
in the reproduce-head transfer func- 
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tion; and (to a lesser degree) in the in- 
put and output electronics. 

Noise: from external sources, via both 
radiation and conduction; from the re- 

cording-system electronics, and 
mechanisms, via every type of un- 

wanted coupling means; from imper- 
fections in the tape; and from non- 
ideal behavior in the tape-moving 
system. 

Drift: primarily due to instabilities in 
the signal-chain and tape-moving elec- 
tronics (with time, temperature, and 
power-source changes); but also due to 
instabilities in the tape medium itself. 

Dynamic Distortion: due to band- 
width, slew-rate, and dynamic-range 
limitations in the signal-chain elec- 
tronics; due to similar limitations in 

the magnetic heads and medium; and 
due to speed/load transients in the 
tape-moving system. 

Now it is fair to say that digital 
recording effectively eliminates most of 
the constraints on that long and depress- 
ing list, thereby removing the +0.5% 
upper limit on attainable accuracy. True, 
it introduces its own unique set of con- 
straints, but none of them limit accuracy, 

linearity, or stability ... at least until we 
reach the exotic and rarified region of 
40.01%! 

From our early and very cursory 
account in Chapter II (page 36), you 

know that the reason that PCM (Pulse- 
Code-Modulated) digital recording over- 
comes most of the non-linearities, noise- 

induced errors, drift effects, and dynamic 
distortion that constrain direct and FM 
recording is simply that it does not in- 
volve partially magnetized states. Regard- 
less of the code involved in PCM record- 
ing, a digital signal is either in the ‘““ON” 
state — i.e., full scale or beyond — or it is



in the “OFF” state: either reverse full 
scale, or essentially zero, except for drift 
and noise, which can be very large indeed 
without exceeding the generous threshold 
separating OFF from ON. Figure 5-1 
compares the two methods of recording, 
and emphasizes the independence of the 
digital signal from the uncertainties that 
plague the analog, whether direct or FM. 

What does limit the accuracy of a di- 
gital signal? Only the number of bits of 
meaningful resolution® the system can 
accommodate, at desired data-throughput 
rates, within budget for both the recorder 
and the external sampling and conversion 
electronics. 

  

*By calling it “meaningful” resolution, we hoped 
to direct your attention to the fact that a 14-bit 

A/D or D/A converter has a “least-significant 
499 1 1 ich bit” of 514% 630 of full scale ... whic 

means that, if the 14th bit is to be significant, 

the worst-case error due to drift, non-linearity, 

non-monotonicity, noise, etc., etc., must not 

exceed some fraction of 0.006% of full scale! 

5.2 Tradeoffs and Concessions. What are 
the tradeoffs? What must we give up, to 
gain this almost Faustian accuracy ad- 
vantage? First of all, data density. The 
amount of information that can be re- 
corded on a reel of tape drops by an 
astonishing 98% (SO to 1) compared with 
direct recording... and 90% compared 
with FM recording. Secondly, we sacrifice 
simplicity and economy in the signal- 
chain electronics (see figure 5-2). It be- 
comes necessary, after conventional signal 
conditioning, to sample the signal very 
rapidly and accurately; then to convert it 

to a digital code, in an analog-to-digital 
(A/D) converter of high enough speed 
and resolution, as well as excellent linear- 
ity and stability; and to buffer, latch, 
strobe, and (possibly) reformat the coded 
signal before recording it. 

Unless the recorded data is ultimate- 
ly to be used in digital form (e.g., in a 
computer or digital process control sys- 
tem), another long chain of ancillary elec- 
tronics must be built to convert it back to 
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Figure 5-1. A comparison of digital and direct recording. This representation assumes true 12-bit A/D 
conversion accuracy, impaired only by internal noise and uncertainty of +1 LSB (least-significant bit), 
or +1 part in 212, or £0.0244%. With RMS summing, this becomes about 0.01% or about 80 dB. 
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Figure 5-2. A fair comparison of a parallel- o-+ Konno ee ees 
format digital recording system with a direct- | tee 
recording system for the same bandwidth —_ a 

and data rate. Clearly, the digital system buys 
improved accuracy and dynamic range dearly. 

analog form. This chain may include 
reformatters, buffers, latches, and 
strobes, and it must certainly include a di- 
gital-to-analog (D/A) converter, plus an 
appropriate smoothing filter, as well as 
analog buffering at the output. 

But we are not done with paying the 
Devil for that 100-to-1 extension in 
attainable accuracy. Digital recording is 
acutely sensitive to tape dropouts and 
drop-ins. We can add systems to detect, 
and sometimes correct for, such tape 
flaws, but they add to the cost and com- 
plexity of the electronics, and they usual- 
ly reduce the data density even further. 

And digital recording on parallel data- 
tracks (the most common format, by far) 
is exceptionally sensitive to “data skew’, 
especially when the system’s design has 
been dominated by the need to optimize 
density... and compensating for data 
skew (‘“‘deskewing’’) involves elaborate 
ancillary electronics*. 

  

*To be fair, we should point out that recording 
and reproducing amplifiers, if designed exclu- 
sively for digital recording, are simpler and less 
expensive than those designed for wideband 

direct and/or FM recording. 
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On the bright side, it must be said 
that, if a recording system is specifically 
designed for digital recording only, it can 
usually be made with somewhat less 
sophisticated speed controls and tape- 
handling mechanisms, because digital 
recording is significantly less sensitive to 
speed variations, and to wow and flutter 
as well. Even in state-of-the-art HDDR 
(High-Density Digital Recording) systems, 
in which packing densities of up to 
40,000 bits per inch can be achieved, and 
as many as 42 channels may be recorded 
simultaneously at 120 ips, and data rates 
approach 20 Megabits/second, techniques 
have been developed, not only to de-skew 
and frame the data stream, but to 
re-derive the clock pulse from the data, 
thus correcting any time-base errors 
caused by speed variations, as well as 

other causes. 

In short, digital recording is a very 
valuable technique, a necessary technique 
for many applications, but it is not an un- 

mixed blessing . . .even when implement- 
ed by today’s low-cost, high-performance 
IC chips and hybrid modules. The princi- 
pal disadvantage is low data density, and 

 


